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INFORMATION PROCESSINGAPPARATUS 

CROSS REFERENCE TO RELATED 
APPLICATION 

0001. This application is based upon and claims the ben 
efit of priority from prior Japanese Patent Application No. 
2006-151787 filed on May 31, 2006, the entire contents of 
which are incorporated herein by reference. 

BACKGROUND OF THE INVENTION 

0002 1. Field of the Invention 
0003. The present invention relates to an information pro 
cessing apparatus and, in particular, to an information pro 
cessing apparatus allowing the streaming transfer of audio 
data in realtime. 

0004 2. Related Art 
0005. A wireless communication technology especially 
among communication technologies is being in the limelight 
recently. With a wireless communication technology, the 
establishment of communication between/among electronic 
equipment and terminals in a wireless Scheme can simplify 
connection works between/among the electronic equipment 
and terminals and eliminate the limitation of the places where 
the electronic equipment and terminals are to be placed. 
Therefore, the use of a wireless communication technology 
provides higher convenience than the use of a wired commu 
nication technology. 
0006 For example, the use of a wireless LAN allows the 
easy construction of a network Such as a home network 
locally and even in a place where the construction of a net 
work cable is not realistic. 
0007. The BluetoothTM, for example, has been known as a 
wireless communication technology applicable to electronic 
equipment. The use of the Bluetooth as a wireless communi 
cation technology may allow the transmission of audio data 
(music data) from an audio player containing a CD player to 
a speaker, for example, without via an audio cable. 
0008 Furthermore, the transfer of audio data from a 
mobile information terminal or mobile music player of a 
cellular phone, for example, to a music player Such as a 
headset may be allowed thereby without via an audio cable. 
0009. The technical specifications of the Bluetooth may be 
divided into Core and Profile. The Core defines the base of 
wireless connection provided by the Bluetooth. On the other 
hand, the Profile is a set of technical requirements defined for 
each function for guaranteeing the mutual connectivity 
between equipment when functions and/or applications 
developed based on the Core of the Bluetooth is/are built in 
the equipment. 
0010. The Bluetooth has multiple Profiles and provides 
one application including a combination of the Profiles. Actu 
ally, a combination of profiles providing an application may 
be implemented in a product along with the Core. 
0011 Various Bluetooth Profiles may be assumed such as 
profiles relating to a cellular phone, a personal computer, a 
vehicle, a network and a printer and audio and video Profiles. 
0012. As a profile for the transmission of audio data, 
“Advanced Audio Distribution Profile’” (Advanced Audio/ 
Video Distribution Profile (Bluetooth SIG)) and “Generic 
Advanced Audio/Video Distribution Profile” (Generic 
Advanced Audio/Video Distribution Profile (Bluetooth SIG)) 
have been known, for example. These are specifications for 
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performing the streaming transfer of audio data in realtime 
between/among Bluetooth-connected equipment. 
0013. In a mobile information terminal or mobile music 
player of a cellular phone, for example, audio data may be 
compressed by SBC, MP3, or ATRAC3, for example, and be 
transferred in packets. On the other hand, a music player Such 
as a speaker and a headset simultaneously receives and plays 
data without waiting until the receipt of all packets. Thus, a 
user can hear the Sound from a mobile information terminal or 
a mobile music player through a music player Such as a 
speaker and a headset. 
0014. However, though the specifications proposed in 
Non-patent Documents 1 and 2 do not assume a case where 
functions excluding audio data playing and transferring func 
tions are performed simultaneously in order to perform real 
time streaming transfer of audio data by using a mobile infor 
mation terminal, which is one of information processing 
apparatus having a music playing function though the speci 
fications define the procedure for realtime streaming transfer 
of audio data. Thus, when the implementation of the other 
functions than the play and transfer of audio data imposes a 
high load on the CPU in the mobile information terminal, the 
underflow of the audio data to be transferred occurs, which 
causes the intermittent grating interruption of Sound. 

SUMMARY OF THE INVENTION 

0015 The present invention was made in view of the cir 
cumstances encountered in the priorartmentioned above, and 
it is an object of the present invention to provide music of high 
quality to a user with the prevention of the occurrence of an 
underflow condition in performing the realtime streaming 
transfer of audio data. 
0016. The above and other objects can be achieved accord 
ing to the present invention by providing in one aspect an 
information processing apparatus including an extracting unit 
extracting audio data encoded in advance by a predetermined 
codec scheme inframes in accordance with the codec scheme 
when the audio data is transferred to a player through wireless 
communication, a packet creating unit creating a packet to be 
transferred to the player based on the audio data in frames 
extracted by the extracting unit, a packet holding unit holding 
the packet created by the creating unit, a transmitting unit 
transmitting the packet held by the packet holding unit to the 
player, a determining unit determining whether any packet is 
held by the packet holding unit or not, and a stop control unit 
controlling the packet transmission to the player by the trans 
mitting unit to temporarily stop if the determining unit deter 
mines that no packet is held by the packet holding unit. 
0017. In another aspect of the present invention, there is 
also provided an information processing apparatus including 
an extracting unit extracting audio data encoded in advance 
by a predetermined codec scheme in frames in accordance 
with the codec scheme when the audio data is transferred to a 
player through wireless communication, a packet creating 
unit creating a packet to be transferred to the player based on 
the audio data in frames extracted by the extracting unit, a 
packet holding unit holding the packet created by the creating 
unit, a transmitting unit transmitting the packet held by the 
packet holding unit to the player, a first determining unit 
determining whether the number of the packets held by the 
packet holding unit is Smaller than a predefined first reference 
value or not, and a delay control unit controlling the timing of 
the packet transmission to the player by the transmitting unit 
to delay in a predetermined delay range if the first determin 
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ing unit determines that the number of the packets held by the 
packet holding unit is Smaller than the first reference value. 
0018. According to the present invention of the above 
characters, the music of high quality can be provided to a user 
with the prevention of the occurrence of an underflow condi 
tion in realtime streaming transfer of audio data. 
0019. The nature and further characteristic features of the 
present invention will be made more clear from the following 
descriptions made with reference to the accompanying draw 
1ngS. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0020. In the accompanying drawings: 
0021 FIG. 1 is a block diagram showing an internal con 
struction of a digital cellular phone with a camera applicable 
as an information processing apparatus according to the 
invention; 
0022 FIG. 2 is a block diagram showing an internal con 
struction of the Bluetooth in FIG. 1; 
0023 FIG. 3 is a block diagram showing an internal con 
struction of a headset applicable as a player according to the 
invention; 
0024 FIG. 4 is a block diagram showing a functional 
construction executable by a digital cellular phone with a 
camera applicable to the information processing apparatus 
according to the invention; 
0025 FIG. 5 is a block diagram showing a functional 
construction executable by a headset applicable as a player 
according to the invention; 
0026 FIG. 6 is a flowchart describing audio data stream 
ing processing in the digital cellular phone with a camera in 
FIG. 4; 
0027 FIGS. 7A and 7B are explanatory diagrams describ 
ing a frame extraction method in a frame extracting portion in 
FIG. 4; 
0028 FIG. 8 is a diagram showing a data structure of an 
RTP packet created in a packet creating portion in FIG. 4; 
0029 FIG.9 is a flowchart describing packet transmission 
processing in step S13 in FIG. 6; 
0030 FIG. 10 is a flowchart describing flash processing in 
the digital cellular phone with a camera in FIG. 4; 
0031 FIG. 11 is a flowchart describing flash processing in 
step S33 in FIG. 10; 
0032 FIG. 12 is a flowchart describing packet delay trans 
mission processing in step S16 in FIG. 6; 
0033 FIG. 13 is an explanatory diagram describing how a 
packet transmission is delayed in step S46 in FIG. 12; 
0034 FIG. 14 is a flowchart describing audio data playing 
processing in the headset in FIG. 5; and 
0035 FIG. 15 is a flowchart describing other audio data 
streaming processing in the digital cellular phone with a 
camera in FIG. 4. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

0036. With reference to drawings, embodiments of the 
invention will be described below. 
0037 FIG. 1 is an internal construction of a digital cellular 
phone with a camera (which will be simply called digital 
cellular phone hereinafter) 2 applicable as an information 
processing apparatus according to the invention. 
0038. In the digital cellular phone 2, as shown in FIG. 1, a 
controller 31 centrally controlling the components is con 
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nected to a power Supply circuit 32, an operation input con 
troller33, an image encoder34, a camera interfaceportion35, 
an LCD controller 36, a multiplexing/demultiplexing portion 
38, a modulating/demodulating circuit39, a voice codec 40, a 
storage 47, a music controller 48 and a Bluetooth module 49 
through a main bus 41 and to an image encoder 34, an image 
decoder 37, a multiplexing/demultiplexing portion 38, a 
modulating/demodulating circuit 39, a voice codec 40 and 
writing/reading portion 45 through a synchronous bus 42. 
0039. The power supply circuit 32 starts the digital cellular 
phone 2 into the operable state by Supplying power from the 
battery pack to the components when the hang-up/power key 
is turned on in response to an operation by a user. 
0040. The controller 31 includes a CPU, a ROM and a 
RAM. The CPU performs processing in accordance with a 
program stored in the ROM oran application program loaded 
from the storage 47 to the RAM, generates and outputs a 
control signal to a component in order to centrally control the 
digital cellular phone 2. The RAM stores data required by the 
CPU for performing processing. 
0041. The main controller 31 internally contains a timer 
for accurately measuring the current date and time. 
0042. Here, the application program to be executed by the 
CPU can be installed in the ROM or storage 47 inadvance. An 
application program to be executed by the CPU may be 
installed in the storage 47 by downloading it to the digital 
cellular phone 2 by the communication through a base station, 
not shown. The application program to be executed by the 
CPU can be further recorded in the memory card 46, read out 
by the writing/reading portion 45 and installed in the storage 
47. 

0043. The digital cellular phone 2 converts and com 
presses Voice signals gathered by the microphone 15 in Voice 
talking mode to digital voice signals by using the Voice codec 
40 under the control of the controller 31, performs spectrum 
spread thereon in the modulating/demodulating circuit 39. 
performs digital/analog converting processing and frequency 
converting processing thereon in the transmitting/receiving 
circuit 43 and then transmits it through the antenna 44. 
0044) The digital cellular phone 2 amplifies a signal 
received by the antenna 44 in the Voice talking mode, per 
forms frequency converting processing and analog/digital 
converting processing thereon, performs despread processing 
thereon by the modulating/demodulating circuit 39, expands 
it by the Voice codec 40, converts it to an analog voice signal 
and outputs the converted analog voice signal through a 
speaker 18. 
0045. In order to transmit an electronic mail in a data 
communication mode, the digital cellular phone 2 transmits 
text data of the electronic mail input by an operation on 
operation keys 14 to the controller 31 through the operation 
input controller 33. The main controller 31 performs spec 
trum spread processing on the text data in the modulating/ 
demodulating circuit 39, performs digital/analog converting 
processing and frequency converting processing thereon in a 
transmitting/receiving circuit 43 and transmits the result to a 
base station, not shown, through an antenna 44. 
0046. On the other hand, when an electronic mail is 
received in the data communication mode, the digital cellular 
phone 2 performs, in the modulating/demodulating circuit 39. 
spectrum despread processing on the signal received from a 
base station, not shown, through the antenna 44 to reconstruct 
the original text data and displays it as an electronic mail on 
the liquid crystal display 17 through an LCD controller 36. 
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0047. Then, the digital cellular phone 2 can record an 
electronic mail received in accordance with an operation by a 
user in the memory card 46 through the writing/reading por 
tion 45. 
0048 If an image signal is not transmitted, the digital 
cellular phone 2 directly displays an image signal shot by the 
CCD camera 20 on the liquid crystal display 17 through the 
camera interface 35 and LCD controller 36. 
0049. In order to transmit an image signal in the data 
communication mode, the digital cellular phone 2 Supplies an 
image signal shot by the CCD camera 20 to the image encoder 
34 through the camera interface 35. 
0050. The image encoder 34 converts the image signal 
Supplied from the CCD camera 20 to an encoded image signal 
by compressing and encoding the image signal by a predeter 
mined encoding scheme such as MPEG4 and transmits the 
converted encoded image signal to the multiplexing/demul 
tiplexing portion 38. At the same time, the digital cellular 
phone 2 transmits the voice gathered by the microphone 15 
during shooting by the CCD camera 20 to the multiplexing/ 
demultiplexing portion 38 through the voice codec 40 as 
digital Voice signals. 
0051. The multiplexing/demultiplexing portion 38 multi 
plexes the encoded image signal Supplied from the image 
encoder 34 and the Voice signal Supplied from the Voice codec 
40 by a predetermined scheme, performs spectrum spread 
processing on the resulting multiplexed signal in the modu 
lating/demodulating circuit 39, performs digital/analog con 
Verting processing and frequency converting processing 
thereon in the transmitting/receiving circuit 43 and transmits 
the result through the antenna 44. 
0052 On the other hand, the digital cellular phone 2 can 
receive data on a Web page in the data communication mode. 
0053. In other words, when the digital cellular phone 2 
transmits data requesting a Web page, for example in the data 
communication mode, the data on the Web page is transmitted 
through a base station, not shown, in accordance with the 
request, the data on the Web pages received by the transmit 
ting/receiving circuit 43 and modulating/demodulating cir 
cuit 39 through the antenna 44. The transmitting/receiving 
circuit 43 and modulating/demodulating circuit 39 transmit 
the received data on the Web page to the controller 31. 
0054 The main controller 31 interprets the data on the 
Web page and creates a screen (an image) based on the inter 
pretation. The created Screen is Supplied to and displayed on 
the liquid crystal display 17 from the controller 31 through the 
LCD controller36. In other words, a Web browser application 
program is at least installed in the ROM or storage 47 of the 
controller 31. The CPU of the controller 31 executes the Web 
browser application program on the RAM to function as a 
Web browser and interprets the data on a Web page. 
0055. In order to receive data on a moving picture file 
linked to a Web page, for example, in the data communication 
mode, the digital cellular phone 2 performs spectrum 
despread processing in the modulating/demodulating circuit 
39 on the signal received from a base station, not shown, 
through the antenna 44 and transmits the resulting multi 
plexed signal to the multiplexing/demultiplexing potion 38. 
0056. The multiplexing/demultiplexing portion 38 demul 
tiplexes the multiplexed signal into an encoded image signal 
and Voice signal and Supplies the encoded image signal to the 
image decoder 37 and voice signal to the voice codec 40 
through the synchronous bus 42. The image decoder 37 
decodes the encoded image signal by a decoding scheme 
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corresponding to a predetermined encoding scheme Such as 
MPEG4 to generate a reproduced moving picture signal, and 
Supplies the generated reproduced moving picture image to 
the liquid crystal display 17 through the LCD controller 36. 
Thus, the moving picture data included in the moving picture 
file linked to a Web page, for example, is displayed therein. 
0057. At the same time, the voice codec 40 converts the 
Voice signal to an analog Voice signal and then Supplies it to 
the speaker 18. Thus, the Voice signal included in the moving 
image file linked to a Web page, for example, is reproduced. 
Like the electronic mail case, the digital cellular phone 2 can 
record the data linked to a received Web page, for example, in 
the memory card 46 through the writing/reading portion 45 in 
response to an operation by a user. 
0058. The storage 47 includes a flash memory element, 
which is a kind of EEPROM being an electrically overwrit 
able and erasable non-volatile memory and stores an appli 
cation programs and data piece to be executed by the CPU of 
the main controller 31. The storage 47 stores, as required, an 
electronic mail received in response to an operation by a user, 
moving picture data included in a moving picture file linked 
to a received Web page, or audio data obtained over a network 
(such as the Internet, a LAN, a WAN and other networks). 
0059. The music controller 48 may control the execution 
of a play operation, a temporary-stop operation, a rewind 
operation, a forward operation, a sound-level decreasing 
operation, a sound-level increasing operation and so on on 
audio data stored in the storage 47. 
0060. The Bluetooth module 49 is a module for perform 
ing wireless communication by the BluetoothTM and per 
forms wireless communication with a player such as a head 
set (the headset 70 in FIG. 3). 
0061 FIG. 2 shows a detail internal construction of the 
Bluetooth module 49 in FIG. 1. 

0062) A CPU 51 expands a control program stored in a 
ROM 52 to a RAM53 and controls the entire operation of the 
Bluetooth module 49. The CPU 51 to the RAM 53 are con 
nected mutually through a bus 55, and a flash memory 54 is 
also connected to the bus 55. 

0063. The flash memory 54 may store a Bluetooth device 
name, which is defined for each Bluetooth device and is 
changeable as preferred by a user, and a Bluetooth address 
unique to each Bluetooth device. 
0064. The flash memory 54 may further store a link key for 
authenticating a Bluetooth device of the other communica 
tion party after the establishment of the synchronization 
within a PikoNET or encrypting data to be transmitted. The 
link key is provided to the CPU 51 as required. 
0065. An input/output interface 56 manages the input/ 
output of data supplied from the main controller 31 and the 
data supplied from a baseband controller 57 based on an 
instruction from the CPU 51. 

0066. The baseband controller 57 may supply data Sup 
plied from the input/output interface 56, for example, to a 
GFSK modulating portion 60 in order to transmit the data to 
a player such as a headset (the headset 70 in FIG. 3) while the 
baseband controller 57 outputs the supplied data to the bus 55 
or the input/output interface 56 when data is supplied from a 
GFSK demodulating portion 65. The baseband controller 57 
performs control Such as control over a communication link, 
control over a packet, and control over a logical channel or 
performs processing for error correction encoding, decoding 
and randomizing of data. 
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0067. The GFSK modulating portion 60 limits a high 
frequency component of data Supplied from the baseband 
controller 57, performs frequency modulation as primary 
modulation and outputs obtained data to a spectrum spread 
ing portion 61. 
0068. The spectrum spreading portion 61 switches 
between/among carrier frequencies based on the frequency 
hopping pattern notified from a hopping synthesizer portion 
63 and outputs, to the communication controller 62, a signal 
obtained after the spectrum spread is performed on the Sup 
plied data. 
0069. A spectrum despreading portion 64 causes the hop 
ping of a receive frequency based on the frequency hopping 
pattern notified from the hopping synthesizer 63 and obtains 
a signal from a player such as a headset (headset 70 in FIG.3). 
The spectrum despreading portion 64 performs spectrum 
despread on the obtained signal and outputs the resulting 
signal to the GFSK demodulating portion 65. The GFSK 
demodulating portion 65 performs GFSK demodulation on 
the signal Supplied from the spectrum despreading portion 64 
and outputs the resulting data to the baseband controller 57. 
0070 The communication controller 62 transmits a spec 
trum-spreaded signal from an antenna 59 to a player Such as 
aheadset (headset 70 in FIG.3) by using a 2.4 GHz band. The 
communication controller 62 outputs the received signal from 
the antenna 59 to the spectrum despreading portion 64. 
0071 FIG.3 shows an internal construction of the headset 
70 applicable as a player according to the invention. 
0072. In FIG. 3, a CPU 71 performs processing on the 
headset 70 in accordance with a program stored in a ROM 72 
or a program loaded from a storage 78 to a RAM 73. 
0073. The RAM 73 further stores data required by the 
CPU 71 for performing processing. 
0074 The CPU 71, ROM 72 and RAM 73 are mutually 
connected through a bus 74. An input/output interface 75 is 
further connected to the bus 74. 

0075. A Bluetooth module 79 is connected to the input/ 
output interface 75. The Bluetooth module 79 performs wire 
less communication among an input portion 76 including 
multiple operation buttons, an output portion 77 including a 
speaker, a storage 78 including an EEPROM and the digital 
cellular phone 2. 
0076. The Bluetooth module 79 may perform wireless 
communication processing with the digital cellular phone 2, 
for example. The detail internal construction of the Bluetooth 
module 79 is basically the same as that of the Bluetooth 
module 49 in FIG. 2, and the repetitive description will be 
omitted herein. 

0.077 FIG. 4 shows a mechanical construction, which can 
be implemented in the digital cellular phone 2 applicable as 
an information processing apparatus according to the inven 
tion. 
0078. An auxiliary storage 81 includes the storage 47 in 
FIG. 1 and pre-stores audio data obtained through a memory 
card 46 or a network. The auxiliary storage 56 further pre 
stores data required for driving a component of the digital 
cellular phone 2. The audio data stored in the auxiliary storage 
81 is encoded in advance by a predetermined codec scheme 
such as MP3 and AAC. 

0079 A frame extracting portion 82 reads out audio data 
stored in the auxiliary storage 81, extracts read audio data in 
frames Suitable for a codec scheme and sequentially Supplies 
the extracted audio data in frames to a frame buffer 83. 
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0080. The frame buffer 83 adopts the FIFO form and 
sequentially buffers (or temporarily stores) audio data in 
frames Supplied from the frame extracting portion 82. 
I0081. A frame supply portion 84 reads out N frames of 
audio data buffered in the frame buffer 83 by one operation 
and Supplies the read N frames of audio data to an ante 
packetizing buffer 85 by one operation. 
I0082. The ante-packetizing buffer 85 buffers N frames of 
audio data supplied from the frame supply portion 84. The 
ante-packetizing buffer 85 requests the frame supply portion 
84 to Supply audio data in frames as required. 
I0083. A packet creating portion 86 reads out audio data in 
frames buffered in the ante-packetizing buffer 85, creates an 
RTP packet storing the audio data in frames and Supplies the 
created RTP packet to a post-packetizing buffer 87. 
I0084. The RTP packet has a header of the RTP packet and 
includes a time stamp indicating the created time in a part of 
the header. Thus, with reference to the time stamp, the time 
relationship between the sending digital cellular phone 2 and 
the receiving headset 70 can be identified. Therefore, the 
influence of a delay fluctuation (jitter) of the packet transfer 
can be suppressed in the receiving headset 70, which allows 
the synchronous play in the sender and receiver. 
I0085. The post-packetizing buffer 87 sequentially buffers 
an RTP packet supplied from the packet creating portion 86. 
I0086 Ajitter controller 88 includes a streaming transfer 
managing portion 90, an amount-of-delay setting portion 91, 
a transmission delay controller 92, and a transmission stop 
controller 93 and controls over the occurrence of the delay 
fluctuation (jitter) of packet transfer (including the occur 
rence of an underflow condition during packet transmission). 
I0087. The streaming transfer managing portion 90 man 
ages an amount of data (that is, the number of RTP packets) 
buffered in the post-packetizing buffer 87, determines 
whether the amount of data buffered in the post-packetizing 
buffer 87 is smaller than a predetermined post-packetizing 
reference value or not, generates a determination instruction 
signal indicating the determination result and Supplies the 
generated determination instruction signal to the packet 
transmitting portion 89 and the amount-of-delay setting por 
tion 91. 
I0088. The streaming transfer managing portion 90 deter 
mines whether any data is buffered in the post-packetizing 
buffer 87 or not (that is, determines whether any RTP packet 
is buffered in the post-packetizing buffer 87 or not), generates 
a determination instruction signal indicating the determina 
tion result and Supplies the generated determination instruc 
tion signal to the transmission stop controller 93. 
I0089. The streaming transfer managing portion 90 further 
manages an amount of data, that is, (an amount of audio data 
in frames) buffered in the ante-packetizing buffer 85, deter 
mines whether the amount of data buffered in the ante-pack 
etizing buffer 85 is smaller than a predetermined ante-pack 
etizing reference value or not, generates a determination 
instruction signal indicating the determination result and Sup 
plies the generated determination instruction signal to the 
amount-of-delay setting portion 91. 
0090 The amount-of-delay setting portion 91 recognizes 
based on the determination instruction signal Supplied from 
the streaming transfer managing portion 90 whether the 
amount of data buffered in the post-packetizing buffer 87 is 
Smaller than the predetermined post-packetizing reference 
value or not or whether the amount of data buffered in the 
ante-packetizing buffer 85 is smaller than the predetermined 
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ante-packetizing reference value or not and reads out data on 
a predetermined amount of delay pre-stored in the auxiliary 
storage 81. The amount-of-delay setting portion 91 sets, 
based on the data on the predetermined amount of delay read 
out from the auxiliary storage 81, the amount of delay in the 
packet transmitting portion 89 for delaying the timing for 
packet transmission to the headset 70 and supplies the 
amount-of-delay setting data, which is data on the set amount 
of delay, to the transmission delay controller 92. 
0091. The transmission delay controller 92 obtains the 
amount-of-delay setting data Supplied from the amount-of 
delay setting portion 91, and, based on the obtained amount 
of-delay setting data, generates a transmission delay control 
signal for controlling to delay in the packet transmitting por 
tion 89 the timing of the packet transmission to the head set 70 
by the predetermined amount of delay and Supplies the gen 
erated transmission delay control signal to the packet trans 
mitting portion 89. 
0092. The transmission stop controller 93 recognizes, 
based on the determination instruction signal Supplied from 
the streaming transfer managing portion 90, that no data is 
buffered in the post-packetizing buffer 87, generates a trans 
mission temporary stop control signal for controlling the 
packet transmitting portion 89 to temporarily stop the packet 
transmission to the headset 70 and supplies the generated 
transmission temporary stop control signal to the packet 
transmitting portion 89. 
0093. The packet transmitting portion 89 sequentially 
reads out an RTP packet buffered in the post-packetizing 
buffer 87, stores the read RTP packet and creates an L2CAP 
packet having an L2CAP header at the beginning. Next, the 
packet transmitting portion 89 stores the created L2CAP 
packet, creates a baseband packet having a header at the 
beginning and sequentially transmits the created baseband 
packet to the headset 70 by wireless communication. 
0094. The packet transmitting portion 89 determines, 
based on the notification on the presence of a communication 
error for each packet from the headset 70, whether the com 
munication of each packet Succeeds or not. If the packet 
transmitting portion 89 determines that the communication 
for a given packet fails, the transmission of the same base 
band packet is repeated (re-transmitted) until flash processing 
(which will be described with reference to the flowchart in 
FIG. 10) in the post-packetizing buffer 87 is performed. 
0095. The packet transmitting portion 89 delays the timing 
of the packet transmission to the headset 70 by the predeter 
mined amount of delay based on the transmission delay con 
trol signal supplied from the transmission delay controller 92 
and transmits the baseband packet to the headset 70. The 
packet transmitting portion 89 temporarily stops the trans 
mission of the baseband packet to the headset 70 based on the 
transmission temporary stop control signal Supplied from the 
transmission stop controller 93. 
0.096 FIG. 5 shows a functional construction executable 
by the headset 70 applicable as a player according to the 
invention. 
0097. A packet receiving portion 95 receives the baseband 
packet transmitted from the digital cellular phone 2 by wire 
less communication and Supplies the received baseband 
packet to a receive buffer96. The packet receiving portion 95 
transmits the presence of any communication error on the 
received baseband packet to the digital cellular phone 2 every 
time the packet receiving portion 95 receives the baseband 
packet from the digital cellular phone 2. 
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(0098. The receive buffer 96 sequentially buffers the base 
band packet supplied from the packet receiving portion 95. 
0099. A reconstruction portion 97 sequentially binds the 
baseband packets buffered in the receive packet 96, obtains 
the original audio data and Supplies the audio data to a data 
buffer 98. 
0100. The data buffer 98 sequentially buffers the audio 
data supplied from the reconstruction portion 97. 
0101 A playing portion 99 reads out the audio data buff 
ered in the data buffer 98, decodes the read audio data by a 
predetermined codec scheme and plays the corresponding 
analog Voice signals. 
0102 Here, the simultaneous execution of functions (such 
as telephone calling) excluding audio data playing and trans 
ferring functions in the digital cellular phone 2 may impose a 
high load on the CPU (the CPU within the main controller in 
FIG. 1) in the mobile information terminal. Thus, the extract 
ing processing in frames on audio data pre-stored in the 
auxiliary storage 81 (the extracting processing in the frame 
extracting portion 82 in FIG. 4) may fail several times of 50 
times, for example. In this case, the extracting processing in 
the frame extracting portion 82 may delay more with respect 
to a predetermined timing. 
0103) The delay of the extracting processing in the frame 
extracting portion 82 with respect to a normal timing may 
further delay the timing for Supplying audio data in frames to 
the packet creating portion 86 and thus gradually decrease the 
amount of data in RTP packets buffered in the post-packetiz 
ing buffer 87. As a result, an underflow condition may occur 
in the post-packetizing buffer 87. This may cause grating 
interruption of sound in the headset 70. 
0104. Accordingly, the amount of data in RTP packets 
buffered in the post-packetizing buffer 87 is managed appro 
priately. The timing for packet transmission in the packet 
transmission processing in the packet transmitting portion 89 
may be delayed or the packet transmission itself may be 
temporarily stopped or stopped when an underflow condition 
is about to occur or is occurring in the post-packetizing buffer 
87. Thus, the occurrence of an underflow condition in the 
post-packetizing buffer 87 can be prevented even when the 
execution of functions excluding audio data playing and/or 
transferring functions delays the audio data extracting pro 
cessing in the frame extracting portion 82. As a result, the 
grating interruption of sound in the headset 70 can be pre 
vented from occurring. 
0105 Audio streaming transfer processing by using the 
method will be described below. 
0106 Referring to the flowchart in FIG. 6, audio data 
streaming transfer processing in the digital cellular phone 2 in 
FIG. 4 will be described. 
0107. In order to perform the audio data streaming transfer 
processing, the manipulation on the operation key 14 by a 
user first starts the Bluetooth function before the MP (Music 
Player) function in the digital cellular phone 2, providing a 
list to be connected to the digital cellular phone 2 by BT-AV 
connection. More specifically, the manipulation on the con 
firmation key, for example, of the operation key 14 by a user 
changes the standby Screen to a menu screen (where both of 
screens are not shown). When the Bluetooth function is 
selected from the menu displayed on the menu screen by 
manipulating the operation key 14 by a user, a communica 
tion apparatus compliant with wireless communication is 
searched. Then, when multiple neighbor communication 
apparatus compliant with wireless communication are dis 
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played, and a communication apparatus, which can perform a 
predetermined service, is selected therefrom by manipulating 
the operation key 14 by a user, the wireless communication 
with the selected communication apparatus is started. 
0108 Next, the MP function in the digital cellular phone 2 

is started by manipulating the operation key 14 by a user, and 
the execution of the audio data streaming transfer processing 
is started. 
0109. In step S1, the frame extracting portion 82 reads out 
audio data, which is encoded in advance and stored in the 
auxiliary storage 81. In step S2, the frame extracting portion 
82 divides the read audio data into N frames suitable for a 
codec method, as shown in FIGS. 7A and 7B, and Frame 1, 
Frame 2, . . . and Frame N are sequentially extracted. For 
example, when the codec scheme is MP3, the read audio data 
is extracted in frames suitable for the MP3 codec scheme. 
0110. In step S3, the frame extracting portion 82 deter 
mines whether the frame extracting processing on the audio 
data in step S2 succeeds or not. If it is determined in step S3 
that the frame extracting processing on the audio data Suc 
ceeds, the frame extracting portion 82 sequentially Supplies 
the extracted audio data in frames to the frame buffer 83. 
0111. In step S4, the frame buffer 83 sequentially buffers 
the audio data in frames Supplied from the frame extracting 
portion 82. In step S5, the frame buffer 83 determines whether 
N frames of audio data are buffered or not. 
0112) If it is determined in step S5 that N frames of audio 
data are buffered, the frame buffer 83 supplies the frame 
supply portion 84 with the notification that N frames of audio 
data are buffered. 
0113. In step S6, the frame supply portion 84 reads out, by 
one operation, N frames of audio data buffered in the frame 
buffer 83 based on the notification (that N frames of audio 
data are buffered) from the frame buffer 83. In step S7, the 
frame Supply portion 84 Supplies the ante-packetizing buffer 
85 with the read N frames of audio data by one operation. 
0114. In step S8, the ante-packetizing buffer 85 buffers the 
N frames of audio data supplied from the frame supply por 
tion 84. 
0115. In step S9, the packet creating portion 86 sequen 

tially reads out the audio data in frames buffered in the ante 
packetizing buffer 85, creates an RTP packet storing the read 
audio data in frames, and supplies the created RTP packet to 
the post-packetizing buffer 87. 
0116 Referring to FIG. 8, the RTP packet created in the 
processing in step S9 will be described. 
0117 Version information of 2 bits indicated by “v' is 
placed at the beginning of the RTP packet, as shown in FIG. 
8. The version information indicates the version of the RTP 
packet. 
0118. The version information is followed by padding of 
one bit and extension information of one bit in the RTP 
packet. The extension information is indicated by, “x', for 
example, in FIG. 8. The extension information is set at a 
predetermined value when an extension header is placed in 
the RTP packet. 
0119) The extension information is followed by a CSRC 
count in the RTP packet. The CRSC count is indicated by 
“cc”, for example, in FIG.8. The CSRC count indicates the 
number of CSRC identifiers. 

0120. The manufacturer information of one bit next to the 
CSRC count is defined by a profile. The manufacturer infor 
mation is indicated by, “m, for example, in FIG. 8. 
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I0121 The payload type of seven bits next to the manufac 
turer information is information for defining the format of the 
RTP packet. The payload type is indicated by, “Pt', for 
example, in FIG. 8. 
I0122) A sequence number next to the payload type is infor 
mation of 16 bits. The sequence information is incremented 
by one for each transmission of an RTP packet. The sequence 
number is used for detecting a packet loss and correcting the 
order of RTP packets. 
I0123. The sequence number is followed by a timestamp of 
32 bits. The timestamp is information indicating the time 
when the first octet of audio data stored in an RTP packet is 
sampled. 
0.124. The timestamp is followed by an SSRC identifier of 
32 bits, which indicates the source of audio data stored in the 
RTP packet. 
0.125 Audio data is stored next to the SSRC identifier in 
the RTP packet. The “Original Data' in FIG. 8 indicates audio 
data, for example. 
I0126. In step S10, the post-packetizing buffer 87 sequen 
tially buffers the RTP packet supplied from the packet creat 
ing portion 86. 
0127. In step S11, the streaming transfer managing por 
tion 90 of the jitter controller 88 determines whether any data 
(in an RTP packet) is buffered in the post-packetizing buffer 
87 or not (that is, whetheran underflow condition is occurring 
in the post-packetizing buffer 87 or not). 
0128 If it is determined in step S11 that some data is 
buffered in the post-packetizing buffer 87 (that is, that no 
underflow condition is occurring in the post-packetizing 
buffer 87), the streaming transfer managing portion 90 in step 
S12 determines whether the amount of data (the number of 
RTP packets) buffered in the post-packetizing buffer 87 is 
pre-stored in the auxiliary storage 81 and is Smaller than a 
predetermined post-packetizing reference value or not. 
I0129. For example, when the predetermined post-pack 
etizing reference value is set at 70% of the maximum held 
amount, the streaming transfer managing portion 90 deter 
mines whether the amount of data buffered in the post-pack 
etizing buffer 87 is smaller than 70%, for example, of the 
maximum held amount or not. Apparently, the predetermined 
post-packetizing reference value may be set in accordance 
with user's preference and/or wireless communication con 
dition. 

0.130. If it is determined in step S12 that the amount of data 
buffered in the post-packetizing buffer 87 is larger than the 
predetermined post-packetizing reference value, the stream 
ing transfer managing portion 90 generates a determination 
instruction signal indicating the determination result that the 
amount of data buffered in the post-packetizing buffer 87 is 
larger than the predetermined post-packetizing reference 
value and Supplies the generated determination instruction 
signal to the packet transmitting portion 89. 
I0131 Since the amount of data buffered in the post-pack 
etizing buffer 87 is larger than the predetermined packetizing 
reference value, the amount-of-delay setting portion 91 can 
not set the amount of delay for delaying the timing of packet 
transmission. Then, the transmission delay controller 92 does 
not generate a transmission delay control signal for delaying 
the timing of packet transmission by a predetermined amount 
of delay. Thus, the timing of packet transmission in the packet 
transmitting portion 89 is not delayed, and the transmission is 
performed in a predetermined timing. 
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0.132. In step S13, the packet transmitting portion 89 rec 
ognizes, based on the determination instruction signal Sup 
plied from the streaming transfer managing portion 90, that 
the amount of data buffered in the post-packetizing buffer 87 
is larger than the predetermined post-packetizing reference 
value and performs the packet transmission processing. The 
details of the packet transmission processing are illustrated in 
the flowchart in FIG. 9. 

0133) Referring to the flowchart in FIG. 9, the details of 
the packet transmission processing in the packet transmitting 
portion 89 in FIG. 4 will be described. 
0134. In step S21, the packet transmitting portion 89 deter 
mines whether any unsent baseband packet (including a base 
band packet failed in communication) is stored in a transmis 
sion queue, not shown, in the packet transmitting portion 89 
or not. If it is determined in step S21 that no unsent base band 
packet is stored in the transmission queue, not shown, the 
packet transmitting portion 89 in step S22 reads out one RTP 
packet buffered in the post-packetizing buffer 87. In step S23, 
the packet transmitting portion 89 stores the RTP packet read 
out from the post-packetizing buffer 87 and creates an 
L2CAP packet having an L2CAP header at the beginning. 
0135) In step S24, the packet transmitting portion 89 stores 
the created L2CAP packet and creates the baseband packet 
having a header at the beginning. 
0136. In step S25, the packet transmitting portion 89 stores 
the created baseband packet in the transmission queue, not 
shown. 

0137. On the other hand, if it is determined in step S21 that 
the unsent baseband packet is stored in the transmission 
queue, not shown, the processing in steps S22 to S25 will be 
skipped. 
0.138. In step S26, the packet transmitting portion 89 trans 
mits the baseband packet temporarily stored in the transmis 
sion queue, not shown, or the unsent baseband packet to the 
headset 70 by wireless communication. 
0.139. Thus, the audio data can be streaming transferred in 
realtime from the digital cellular phone 2 to the headset 70. 
0140. In step S27, the packet transmitting portion 89 deter 
mines whether the communication of the baseband packet has 
Succeeded or not based on the notification on the presence of 
the communication error for each packet from the headset 70. 
If it is determined in step S27 that the communication of the 
baseband packet has succeeded, the packet transmitting por 
tion 89 in step S28 deletes the baseband packet stored in the 
transmission queue, not shown, (that is, the baseband packet 
Succeeded in communication) in the packet transmitting por 
tion 89. 

0141 Further, the packet transmission processing is 
repeated by a predetermined number of times or for a prede 
termined time. That is, the RTP packet is successively read 
out from the buffer 87 after the repeated packet transmission 
processing, and based on the read-out RTP packet, the base 
band packet is created and the wireless transmission is then 
performed. Thereafter, the processing returns to the step S11 
in FIG. 6, and the processing after the step S11 is repeated. 
0142. On the other hand, if it is determined in step S27 that 
the communication of the baseband packet has failed, the 
processing returns to step S21. Then, the processing in step 
S21 and Subsequent steps is repeated. In other words, when 
the baseband packet failed in communication is stored in the 
transmission queue, the re-transmission of the base band 
packet failed in communication is repeated. 
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0143. In this way, if an error occurs in communication of a 
baseband packet from the packet transmitting portion 89, the 
Bluetooth repeats the transmission of the same baseband 
packet until the baseband packet having failed in communi 
cation can be communicated normally. 
0144. However, in specifications for realtime transferring 
audio data (such as Advanced Audio Distribution Profile) 
among Bluetooth specifications, the realtime characteristic 
has a higher priority in the streaming transfer of audio data 
than the secure transmission of all baseband packets. 
0145. In other words, when the packet transmitting portion 
89 fails in the communication of a baseband packet, the 
re-transmission of the baseband packet having failed in com 
munication is repeated until a predetermined time (flash time) 
defined for each baseband packet. However, at the flash time, 
the transmission of the baseband packet having failed in com 
munication is given up (that is, the packet drop is admitted, 
and the transmission of the next baseband packet is started. 
The flash time processing will be described below. 
014.6 Referring to the flowchart in FIG. 10, the flash pro 
cessing in the packet transmitting portion 89 in FIG. 4 will be 
described. Notably, the flash processing is performed in par 
allel with the packet transmission processing described with 
reference to the flowchart in FIG. 9. 
0.147. In step S31, the packet transmitting portion 89 ini 
tializes a timer, not shown, contained within the packet trans 
mitting portion 89 for measuring the time until the flash time. 
In step S32, the packet transmitting portion 89, as shown in 
FIG. 11, determines whether the count of the timer, not 
shown, reaches a predetermined flash time or not and waits 
until the determination on whether the count of the timer, not 
shown, reaches the predetermined flash time or not. 
0.148. In the example in FIG. 11, it is determined that the 
count of the timer does not reach the predetermined flash 
time. 
0149. If it is determined in step S32 that the count of the 
timer, not shown, has reached the predetermined flash time, 
the packet transmitting portion 89 in step S33 performs flash 
processing, that is, processing of clearing the baseband 
packet stored in the transmission queue, not shown, within the 
packet transmitting portion 89. Then, the processing moves to 
step S31, and the processing in step S31 and Subsequent steps 
is repeated. 
0150 Since the execution of the flash processing in step 
S33 clears the baseband packet stored in the transmission 
queue, not shown, the re-transmission of the baseband packet 
having failed in communication with the headset 70 is dis 
abled after the flash processing. Then, the transmission of a 
baseband packet newly stored in the transmission queue is 
started. 
0151 Referring back to FIG. 6, if it is determined in step 
S12 that the amount of data buffered in the post-packetizing 
buffer 87 is smaller than the predetermined post-packetizing 
reference value, the streaming transfer managing portion 90 
generates a determination instruction signal indicating that 
the amount of data buffered in the post-packetizing buffer 87 
is Smaller than the predetermined post-packetizing reference 
value and Supplies the generated determination instruction 
signal to the amount-of-delay setting portion 91. 
0152. In step S14, the amount-of-delay setting portion 91 
recognizes, based on the determination instruction signal 
Supplied from the streaming transfer managing portion 90. 
that the amount of data buffered in the post-packetizing buffer 
87 is smaller than the predetermined post-packetizing refer 
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ence value and reads out data on a predetermined amount of 
delay (that is, data in the packet transmitting portion 89 for 
delaying the timing of packet transmission to the headset 70) 
pre-stored in the auxiliary storage 81. 
0153. When the predetermined flash time is 100 ms, the 
predetermined amount of delay may be preset at 10 ms, for 
example. 
0154 While, according to this embodiment of the inven 

tion, a fixed value is preset as an amount of delay in the packet 
transmitting portion 89 for delaying the timing of packet 
transmission to the headset 70, the invention is not limited 
thereto. The amount of delay may be set as required instead of 
the fixed value in accordance with how much the amount of 
data (the number of RTP packets) buffered in the post-pack 
etizing buffer 87 is smaller than the predetermined post 
packetizing reference value. Thus, a more preferable amount 
of delay can be set. 
0155 The amount-of-delay setting portion 91 sets an 
amount of delay in the packet transmitting portion 89 for 
delaying the timing of the packet transmission to the headset 
70 based on the data on the predetermined amount of delay 
read out from the auxiliary storage 81 and Supplies the 
amount-of-delay setting data, which is data on the set amount 
of delay, to the transmission delay controller 92. 
0156. In step S15, the transmission delay controller 92 
obtains the amount-of-delay setting data Supplied from the 
amount-of-delay setting portion 91, generates, based on the 
obtained amount-of-delay setting data, a transmission delay 
control signal for controlling the packet transmitting portion 
89 to delay the timing of the packet transmission to the head 
set 70 and Supplies the generated transmission delay control 
signal to the packet transmitting portion 89. 
0157. In step S16, the digital cellular phone 2 performs 
packet delay transmission processing. The details of the 
packet delay transmission processing are illustrated in the 
flowchart in FIG. 12. 
0158 Referring to the flowchart in FIG. 12, the details of 
the packet delay transmission processing in the digital cellu 
lar phone 2 in FIG. 4 will be described. The processing in 
steps S41 to S45 and steps S47 to S49 in FIG. 12 is identical 
to the processing in steps S21 to S25 and steps S26 to S28 in 
FIG. 9, and the repetitive description will be omitted herein. 
0159. In step S46, the packet transmitting portion 89 
delays the timing of the packet transmission to the headset 70 
by a predetermined amount of delay as shown in FIG. 13, for 
example, (delays the timing of the packet transmission in the 
direction indicated by the arrow) based on the transmission 
delay control signal Supplied from the transmission delay 
controller 92. 

0160 Then, the baseband packet stored in the transmis 
sion queue, not shown, oran unsent baseband packet is trans 
mitted to the headset 70 by wireless communication in the 
timing of the packet transmission, which is delayed by the 
predetermined amount of delay. 
0161 Thus, even when the execution of functions exclud 
ing the audio data playing and/or transferring functions 
delays the audio data extraction processing in the frame 
extracting portion 82, the occurrence of an underflow condi 
tion in the post-packetizing buffer 87 can be prevented by 
delaying the timing of the packet transmission by a predeter 
mined amount of delay. Therefore, the occurrence of grating 
interruption of sound in the headset 70 can be prevented. As a 
result, music of high quality can be provided to a user in 
realtime streaming transfer of audio data. 
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0162 Thereafter, the processing is returned to the step 
S11, and the processing after the step S11 is repeated. 
0163. If it is determined in step S11 in FIG. 6 that no data 

is buffered in the post-packetizing buffer 87 (that is, that an 
underflow condition is occurring in the post-packetizing 
buffer 87), the streaming transfer managing portion 90 gen 
erates a determination instruction signal indicating the deter 
mination result that no data is buffered in the post-packetizing 
buffer 87 and supplies the generated determination instruc 
tion signal to the transmission stop controller 93. 
0164. In step S17, the transmission stop controller 93 rec 
ognizes, based on the determination instruction signal Sup 
plied from the streaming transfer managing portion 90 (the 
determination instruction signal indicating the determination 
result that no data is buffered in the post-packetizing buffer 
87), that no data is buffered in the post-packetizing buffer 87, 
generates a transmission temporary stop control signal for 
controlling the packet transmitting portion 89 to temporarily 
stop the packet transmission to the headset 70 and supplies the 
generated transmission temporary stop control signal to the 
packet transmitting portion 89. 
0.165. In step S18, the packet transmitting portion 89 tem 
porarily stops the transmission of the baseband packet to the 
headset 70 based on the transmission temporary stop control 
signal supplied from the transmission stop controller 93. 
0166 Thus, the packet transmission from the packet trans 
mitting portion 89 is temporarily stopped even when the 
execution of functions excluding the playing and/or transfer 
ring functions on audio data delays the audio data extracting 
processing in the frame extracting portion 82 and causes an 
underflow condition in the post-packetizing buffer 87. There 
fore, the grating interruption of sound in the headset 70 can be 
prevented. As a result, music of high quality can be provided 
to a user when audio data is streaming-transferred in realtime. 
0167. Then, the processing moves to step S1, and the 
processing in step S1 and Subsequent steps is repeated. 
0.168. Notably, the stop of the packet transmission from 
the packet transmitting portion 89 continues when the execu 
tion of functions excluding the playing and/or transferring 
functions on audio data delays the audio data extracting pro 
cessing in the frame extracting portion 82 and still causes an 
underflow condition in the post-packetizing buffer 87. In 
other words, the stop of the packet transmission from the 
packet transmitting portion 89 continues unless an RTP 
packet is buffered in the post-packetizing buffer 87. Thus, the 
occurrence of the grating interruption of sound in the headset 
70 can be prevented. Therefore, music of high quality can be 
provided to a user when audio data is streaming-transferred in 
realtime. 
(0169. However, even when an RTP packet is buffered in 
the post-packetizing buffer 87, the packet delay transmission 
processing in step S16 in FIG. 6 is performed if the number of 
RTP packets buffered in the post-packetizing buffer 87 is 
Smaller than a predetermined post-packetizing reference 
value. 
(0170 Next, referring to the flowchart in FIG. 14, audio 
data playing processing in the headset 70 in FIG. 5 will be 
described. 
0171 In step S51, the packet receiving portion 95 receives 
a baseband packet transmitted from the digital cellular phone 
2 by wireless communication and Supplies the received base 
band packet to the receive buffer 96. Every time the packet 
receiving portion 95 receives a baseband packet from the 
digital cellular phone 2, the packet receiving portion 95 trans 
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mits the presence of a communication error on the received 
baseband packet to the digital cellular phone 2. 
(0172. In step S52, the receive buffer 96 sequentially buff 
ers the baseband packets Supplied from the packet receiving 
portion 95. 
0173. In step S53, the reconstruction portion 97 sequen 

tially binds the baseband packets buffered in the receive 
buffer 96, obtains the original audio data and supplies the 
audio data to the data buffer 98. 
(0174. In step S54, the data buffer 98 sequentially buffers 
the audio data supplied from the reconstruction portion 97. 
(0175. In step S55, the playing portion 99 reads out the 
reproduced audio data buffered in the reproduced data buffer 
98, decodes the read reproduced audio data by a predeter 
mined codec scheme and plays corresponding analog Voice 
signals. 
0176 Thus, a user can hear the sound from the digital 
cellular phone 2 through the headset 70 substantially in real 
time. 
0177. In the audio data streaming transfer processing 
described with reference to the flowchart in FIG. 6, the timing 
of the packet transmission in the packet transmitting portion 
89 is delayed only when the amount of data (that is, the 
number of RTP packets) buffered in the post-packetizing 
buffer 87 is smaller than a predetermined post-packetizing 
reference value. However, the application of the delay is not 
limited to the case. The timing of the packet transmission in 
the packet transmitting portion 89 may be delayed when an 
amount of audio data in frames buffered in the ante-packetiz 
ing buffer 85 is smaller than a predetermined ante-packetiz 
ing reference value where the amount of audio data in frames 
buffered in the ante-packetizing buffer 85 is also managed. 
0178 Thus, the occurrence of an underflow condition in 
the post-packetizing buffer 87 can be prevented more effec 
tively even when the execution of other functions excluding 
audio data playing and/or transferring functions delays the 
audio data extracting processing in the frame extracting por 
tion 82. As a result, the occurrence of the grating interruption 
of sound in the headset 70 can be prevented more effectively. 
0179 The audio data streaming transfer processing by 
using this method will be described below. 
0180 Referring to the flowchart in FIG. 15, the audio data 
streaming transfer processing in the digital cellular phone 2 in 
FIG. 4 will be described. The processing in steps S61 to S72 
and S74 to S79 in FIG. 14 is identical to the processing in 
steps S1 to S18 in FIG.9, and the repetitive description will be 
omitted herein. 

0181. If it is determined in step S72 that the amount of data 
buffered in the post-packetizing buffer 87 is smaller than a 
predetermined post-packetizing reference value, the stream 
ing transfer managing portion 90 in step S73 determines 
whether the amount of data (the amount of audio data in 
frames) buffered in the ante-packetizing buffer 85 is smaller 
than a predetermined ante-packetizing reference value or not. 
0182 For example, if the predetermined ante-packetizing 
reference value is 80% of the maximum held amount, the 
streaming transfer managing portion 90 determines whether 
the amount of data (the amount of audio data in frames) 
buffered in the ante-packetizing buffer 85 is smaller than 80% 
of the maximum held amount. Apparently, the predetermined 
ante-packetizing reference value may be set in accordance 
with user's preference and/or the wireless communication 
State. 

May 29, 2008 

0183 If it is determined in step S73 that the amount of data 
buffered in the ante-packetizing buffer 85 is larger than the 
predetermined ante-packetizing reference value, the stream 
ing transfer managing portion 90 generates a determination 
instruction signal indicating the determination result that the 
amount of data buffered in the ante-packetizing buffer 85 is 
larger than the predetermined ante-packetizing reference 
value and Supplies the generated determination instruction 
signal to the packet transmitting portion 89. 
0.184 Then, the processing moves to step S75, and the 
packet transmission processing in step S75 is performed. 
0185. In this case, since the amount of data buffered in the 
ante-packetizing buffer 85 is larger than the predetermined 
ante-packetizing reference value, the amount of delay for 
delaying the timing of packet transmission is not set in the 
amount-of-delay setting portion 91, resulting in the genera 
tion of no transmission delay control signal for delaying the 
timing of packet transmission by a predetermined amount of 
delay in the transmission delay controller92. Thus, the packet 
transmission in the packet transmitting portion 89 is per 
formed in a predetermined timing without any delay. 
0186. On the other hand, if it is determined in step S73 that 
the amount of data buffered in the ante-packetizing buffer 85 
is Smaller than the predetermined ante-packetizing reference 
value, the streaming transfer managing portion 90 generates a 
determination instruction signal indicating a determination 
result that the amount of data buffered in the ante-packetizing 
buffer 85 is smaller than the predetermined ante-packetizing 
reference value and supplies the generated determination 
instruction signal to the amount-of-delay setting portion 91 
and the ante-packetizing buffer 85. 
0187. Then, the processing moves to step S75, and the 
processing in step S75 and Subsequent steps is performed. 
0188 In other words, since the amount of data buffered in 
the ante-packetizing buffer 85 is smaller than the predeter 
mined ante-packetizing reference value, the amount of delay 
for delaying the timing of the packet transmission in the 
amount-of-delay setting portion 91 is set, and a transmission 
delay control signal for delaying the timing of the packet 
transmission by the predetermined amount of delay is gener 
ated in the transmission delay controller 92. Thus, the timing 
of the packet transmission in the packet transmitting portion 
89 is delayed, and the packet transmission is performed in the 
timing delayed by the predetermined amount of delay. 
0189 At the same time, the ante-packetizing buffer 85 
recognizes, based on the determination instruction signal 
Supplied from the streaming transfer managing portion 90. 
that the amount of data buffered in the ante-packetizing buffer 
85 is smaller than the predetermined ante-packetizing refer 
ence value and requests the frame Supply portion 84 to Supply 
the audio data in frames. 
0190. Thus, the timing of the packet transmission is 
delayed by the predetermined amount of delay when the 
execution of functions excluding audio data playing and/or 
transferring functions delays the audio data extracting pro 
cessing in the frame extracting portion 82 and if the amount of 
data (the number of RTP packets) buffered in the post-pack 
etizing buffer 87 is larger than the predetermined post-pack 
etizing reference value but the amount of data buffered in the 
ante-packetizing buffer 85 is smaller than the predetermined 
ante-packetizing reference value. Therefore, the occurrence 
of an underflow condition in the post-packetizing buffer 87 
can be prevented more effectively, and the occurrence of the 
grating interruption in sound in the headset 70 can be then 
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more effectively prevented. As a result, music of high quality 
can be provided to a user in realtime streaming transfer of 
audio data. 
0191 The invention is applicable to not only a cellular 
phone but also a PDA, a personal computer, a mobile music 
player and other information processing apparatus. 
0.192 The headset 70 is applied as a player according to 
the invention, but, according to the invention, the player is 
only required to receive and play transferred audio data in 
realtime and may be applicable to an ear-hook hands-free 
headset, for example. 
0193 Furthermore, the series of processing described in 
the embodiments of the invention can be executed by not only 
software but also hardware. 
0194 The steps in the flowchart in the embodiments of the 
invention are performed in a time-series manner in the 
described order, for example, but may be performed in par 
allel or separately, without limiting to the processing to be 
performed in a time-series manner. 
What is claimed is: 
1. An information processing apparatus comprising: 
an extracting unit configured to extract audio data encoded 

in advance by a predetermined codec scheme in frames 
in accordance with the codec scheme when the audio 
data is transferred to a player through wireless commu 
nication; 

a packet creating unit configured to create a packet to be 
transferred to the player based on the audio data in 
frames extracted by the extracting unit: 

a packet holding unit configured to hold the packet created 
by the packet creating unit; 

a transmitting unit configured to transmit the packet held 
by the packet holding unit to the player; 

a determining unit configured to determine whether any 
packet is held by the packet holding unit or not; and 

a stop control unit configured to control the packet trans 
mission to the player by the transmitting unit so as to 
temporarily stop if the determining unit determines that 
no packet is held by the packet holding unit. 

2. An information processing apparatus comprising: 
an extracting unit configured to extract audio data encoded 

in advance by a predetermined codec scheme in frames 
in accordance with the codec scheme when the audio 
data is transferred to a player through wireless commu 
nication; 

a packet creating unit configured to create a packet to be 
transferred to the player based on the audio data in 
frames extracted by the extracting unit; 
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a packet holding unit configured to hold the packet created 
by the creating unit; 

a transmitting unit configured to transmit the packet held 
by the packet holding unit to the player; 

a first determining unit configured to determine whether 
the number of the packets held by the packet holding unit 
is smaller than a predefined first reference value or not; 
and 

a delay control unit configured to control the timing of the 
packet transmission to the player by the transmitting unit 
So as to delay in a predetermined delay range if the first 
determining unit determines that the number of the 
packets held by the packet holding unit is Smaller than 
the first reference value. 

3. The information processing apparatus according to 
claim 2, further comprising: 

an amount-of-delay setting unit configured to set a prede 
termined amount of delay for delaying the timing of the 
packet transmission to the player by the transmitting unit 
if the first determining unit determines that the number 
of the packets held by the packet holding unit is smaller 
than the first reference value, 

wherein the delay control unit controls the timing of the 
packet transmission to the player by the transmitting unit 
to delay based on the predetermined amount of delay set 
by the amount-of-delay setting unit. 

4. The information processing apparatus according to 
claim 2, further comprising: 

a second determining unit configured to determine whether 
any packet is held by the packet holding unit or not; and 

a stop control unit configured to control the transmission of 
the packet to the player by the transmitting unit so as to 
temporarily stop if the second determining unit deter 
mines that no packet is held by the packet holding unit. 

5. The information processing apparatus according to 
claim 2, further comprising: 

an audio data holding unit configured to hold the audio data 
in frames, which is extracted by the extracting unit; and 

a third determining unit configured to determine whether 
the amount of the audio data in frames held by the audio 
data holding unit is Smaller than a predefined second 
reference value or not, 

wherein the timing of the packet transmission to the player 
by the transmitting unit is controlled so as to delay in a 
predetermined delay range if the third determining unit 
determines that the amount of the audio data in frames 
held by the audio data holding unit is smaller than the 
predefined second reference value. 
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